Abstract: The paper reports on experiments assessing the capability of a diverse processing, multi-microphone sub-band adaptive (MMSBA) signal processing scheme for improving the intelligibility of speech corrupted with automobile noise. Results from formal listening tests demonstrate a significant improvement in the intelligibility and quality of the processed speech.
Introduction
Background noise levels acceptable to human listeners can significantly reduce the intelligibility of speech signals for eg. hands-free telephones, portable 'phones, and speech recognition systems [1, 2] . Single-channel enhancement strategies have only limited success when the noise spectrum overlaps that of the desired speech. Humans can function well in such circumstances partly due to multi-sensor usage, supporting spatial localisation and also noise reduction via the "binaural masking level difference" [3] , which appears functionally equivalent to an adaptive noise canceller (ANC) [4] . signal power will tend to dominate the overall convergence rate. Therefore, in the case of speech signals, it may be advantageous to use a filter distribution that achieves a more uniform distribution of power across sub-bands eg. one based on a "cochlear" model.
The distribution of the filters of the human cochlea has been modelled using the function [13] ,
Hz (1) where A=165.4, a=2.1 and k=0.88 are empirical constants, x is the normalised distance along the basilar membrane, and F(x) gives the filter upper and lower cut-off frequencies.
Diverse SBP Options
The SBP can be accomplished in a number of ways.
No Processing
If the noise power in a sub-band is below (or the SNR above) some specified threshold, then the signal in that band is not modified.
Intermittent correlated noise canceller
If the noise power is significant and the noise in a sub-band is significantly correlated between the two channels, then adaptive intermittent noise cancellation is performed, ie. during the "noise-alone" period, a filter is estimated which models the differential acoustic-path transfer function between the microphones. This can then be used in a noise cancellation format during the speech plus noise period to process the noisy speech signal.
This scheme is illustrated in Figure 1 and Figure 2 where N, S, P, R are the z-transforms of the noise, speech, primary and reference signals, respectively. Thus, in each sub-band,
and
a frequency domain error weighted by the band-limiting transfer function B, where H 3 is the sub-band adaptive filter. During a noise only period S=0 and E is minimised in the least squares sense when,
Using H 3 as a fixed processing filter when speech and noise are both present ideally gives,
where E is a noise reduced, filtered version of the sub-band speech signal. This approach will fail if H 1 = H 2 , however in reverberant environments such acoustic path balancing is difficult to achieve.
Non-coherent noise canceller
If the noise power is significant, but not highly correlated between the two channels in a subband, the approach of Ferrara and Widrow [14] may be applied during the noisy speech period.
Since in this case, the primary signal noise component BH 1 N is uncorrelated with the reference signal noise component BH 2 N, the filtered reference is an estimate of the sub-band speech signal S.
A Correlation Metric for Selecting the SBP
MSC has been used to reduce the effect of reverberation on speech and as part of a Voice Activity Detector (VAD) [15] . Here MSC is incorporated in a Correlation Metric (CM) for selecting between SBP options 2.2.2 and 2.2.3 above.
The observations p,r in Figure 1 
where S pr (f k ,l) is the cross-spectral density, S pp (f k ,l) and S rr (f k ,l) are the auto-spectral densities; which can be estimated recursively on a block by block basis:
where is a "forgetting factor".
An average over N blocks is formed to give, ( ) ( ) (8) CM is then calculated over the bin range f k1 to f k2 for each sub-band as,
The CM is used as a measure of the correlation between the disturbing noise sources within each sub-band during a "noise only" period in intermittent speech, and provides a means of selecting the form of processing in each frequency band.
The sub-bands were formed using an FFT/IFFT approach and the adaptive processing used the Least Mean Squares (LMS) algorithm [4] .
Human subject assessment of speech intelligibility and quality
Each subject was verified to be in the normal hearing range by audiometric testing, and was given a practice session to familiarise them with the procedures. A clean speech score for each subject was then established.
The noise sequences used were recorded at 100km/hr in a Mercedes Benz using two dashboard microphones with a spacing of 0.06m and a sampling frequency of 12 kHz. These were summed with the 80 different anechoic speech sentences of the Four Alternative Auditory Feature (FAAF) data set [16] , to manufacture the SNR cases.
The Pilot Experiment
A subset of the noisy speech data set and three subjects were used to verify procedures and determine suitable ranges for the experimental factors eg. a suitable length of "noise-alone" period, CM threshold and forgetting factor . The sub-band processing option for a particular MMSBA scheme was selected using a combination of the CM, sub-band noise power and SNR.
Two SNR levels (-9dB and -3dB) were identified as eliciting a significant number of errors and being of practical relevance.
The wide-band ANC was intermittently adapted using the LMS algorithm, a filter order of and 16 sub-bands for both types of sub-band distributions and the computational complexity of each approach was made similar by using filter lengths inversely proportional to the number of bands.
The Main Experiment

Subject Experience
The subjects were 6 male and 9 female volunteers between 16 and 45 years age, who were paid a small attendance allowance to encourage completion of the trials. Although all were fluent English speakers, it was the second language for eight of the subjects. Subjects listened to FAAF sentences masked by the recorded automobile noise presented at each of two SNRs, and either unprocessed, processed by a conventional wide-band noise-cancellation approach, or sub-band processed at either of two sub-band spacings and two different numbers of sub-bands.
The sentences were presented via headphones in a single blind, four alternative, forced response protocol. The subjects task was to identify in a carrier sentence, 'Can your hear *** clearly?', each of 80 possible target words " *** " presented in random order from one of four alternatives differing by one phoneme e.g. TIN, BIN, PIN, and DIN. The four alternatives were simultaneously presented as a vertical list on a touch screen monitor. Selection was automatically recorded and the intelligibility score calculated at the end of each run and stored for later analysis. The mean score achieved by chance is 20/80. A Mean Opinion Score (MOS) was also reported with perceived quality of speech scored as: 1 "very poor" , 2 "poor", 3 "fair", 4 "good" and 5 "very good".
Results
Figures 3 and 4 show the mean intelligibility and mean opinion scores (+/-1 Standard Error) respectively, for the seven cases listed in Table 1 , where cases 2 to 7 each employed the two SNRs of -3dB and -9dB.
One tailed, paired t-tests were applied to the intelligibility and MOS data to assess the statistical significance of the improvement in mean scores evident in the processed schemes, Cases 3 to 7, when compared with Case 2. Two tailed paired t-tests were applied to assess the
significance of the differences in scores between the SBP cases (. These results, summarised in Tables 2 and 3 , established that the improvement in mean scores was statistically significant but indicated that further analysis was warranted for assessing the differences between processing methods.
One tailed, paired t-tests were applied to the intelligibility and MOS data to assess the statistical significance of the decrement in mean scores observed in the processed schemes, Cases 3 to 7, when compared with Case 1. These results are discussed here but not presented in the tables. The small p values returned by these tests established that the processing did not restore the intelligibility scores or MOS back to the levels for clean speech.
The data residuals satisfied statistical normality tests and analysis of variance (ANOVA) was applied to the scores using "Subject", "SNR", "Processing", "Spacing", and "NumBands" as factors. Two obvious outliers were identified and the ANOVAs repeated with the outliers excised. No significant effect was found so the complete results are presented. Since "Spacing" and "NumBands" are not factors for the noisy speech case, their significance was assessed by ANOVAs of the difference between processed and unprocessed score. A summary of results from the ANOVAs is presented in Table 4 .
Correlations between the mean intelligibility and mean opinion scores performed at both SNRs are presented in Table 5 .
Discussion of Results
As is common, "Subject" was a statistically significant factor (Table 4 ). "SNR" was also a significant factor (Table 4) , as expected since the levels were chosen after a pilot experiment.
"Processing" was found to be a significant factor (>99% confidence level, Table 4 ). From the charts in Figs 3 and 4 , the mean score for wide-band processing was above that for the noisy unprocessed case, and the mean scores for all forms of SBP were above that for wide-band processing. The ANOVA together with the results of the t-tests support the conclusion that for the experimental cases considered, (i) diverse SBP delivers a statistically significant improvement of both speech intelligibility and perceived quality when compared with both wide-band processed and the noisy unprocessed case.
(ii) the improvement, while significant and of practical value, is not enough to return the scores back to those achieved with clean speech.
From Table 4 , "NumBands" was shown to be a significant factor (> 99% confidence level) and "Spacing" was also shown to be a significant factor (> 95% confidence level). The 16 linear sub-bands case delivered the maximum improvement in mean intelligibility score relative to the noisy unprocessed case (+9.7 @ -3dB SNR, +11.7 @ -9dB SNR), which is a practically useful improvement, a conclusion supported by the improvement in MOS score (+1.5@ -3dB SNR,
+1.5 @ -9dB SNR). Comparing with Foster and Haggard [16] this increase in intelligibility
score roughly translates to a 2dB to 3dB SNR improvement for speech corrupted with speechshaped noise. To allow comparison with others' work, the improvement in measured segmental SNR was between 12dB and 13dB, emphasising the danger of judging enhancement performance on SNR alone.
The dominant interaction across all the ANOVAs was between "Subject" and "SNR" (p <= 0.083). This was exceeded only in the case of "Subject" and "Spacing" (p = 0.047) in the ANOVA applied to MOS data. This implies that spacing has a more demonstrable effect on quality of processed speech, than on intelligibility.
In no case did SBP result in a deterioration of intelligibility score or MOS.
In Figs 3 and 4 , and Table 5 , a strong correlation is seen between the results of the intelligibility tests and the MOS tests, implying consistency in the judgements made by the subjects 4 Speech recogniser assessment of intelligibility
Experimental Data
Two commercial speech recognisers R1 and R2, from major manufacturers, were used to further assess the MMSBA processing scheme. Both were speaker independent, isolated word, recognisers operated as supplied with no training to speaker or noise, and no adaption. Data was obtained using a Vauxhall Cavalier 1.8Sri with two omni-directional microphones spaced 0.25m apart and fixed to the front passenger's sun-visor. The noise data was digitally recorded while travelling at 80 km/hr on a quiet urban road. With the car stationary and all systems off, digits zero to nine were recorded by a male speaker of British dialect to provide relatively noise-free reverberant speech. The recorded noise was added to each of the ten digits to manufacture a low and high SNR case for each recogniser. The high SNR case was used to determine whether the MMSBA approach degraded recogniser performance at low noise levels.
A "noise-only" period was manually labelled and used for adapting the SBP schemes.
The average percent correct recognition achieved for clean reverberated speech compared well with other published work [2] . However, recogniser R1 consistently failed to recognise the digit "two" even at high SNR. It proved impossible to present both recognisers with the same low and high SNR levels due to their different sensitivity to the automobile noise. Instead, an individual, practically relevant, lower threshold SNR was determined by experimentation for each recogniser at which most of the digits were recognised some of the time. An upper threshold SNR was experimentally determined at which each recogniser made the minimum numbers of errors. The low and high threshold SNRs were respectively, -2dB and +25dB for the recogniser R1, and +7dB and +30dB for the recogniser R2. At the low SNRs recogniser R1 was completely failing on digits "two", "six", "seven", and R2 on digits "three" and "six".
All the processing schemes used in the previous listening tests were assessed using the two recognisers, with the factors set as for the human listeners. In each processing case, the recognisers were tested with the digits using the SNR and Processing case as independent variables and the Percent Correct Identification (PCI) as the dependent variable. The PCI score for each recogniser was calculated as the average of 30 independent presentations of each digit (processed or unprocessed). Tables 6 and 7 show the mean PCI scores across all ten digits for each recogniser, obtained at the two SNRs for both unprocessed and processed data. Two tailed, paired t-tests were applied to the PCI scores.
Results
Discussion of Recogniser Results
In spite of operating at a low SNR, 9dB below R2, R1 appears much less sensitive to the addition of automobile noise. The t-tests applied to the low SNR level data revealed no significant improvement (at the 95% confidence level) in the performance of either recogniser due to any of the processing treatments, with the exception of wide-band processing with recogniser R2 (p = 0.018). However, for the high SNR case, the paired t-tests imply that processing had no significant detrimental effect (at the 95% confidence level) on the performance of the recognisers.
Conclusion
Results have been presented from a series of intelligibility and MOS tests, involving 15 normalhearing subjects, to assess the performance of an MMSBA speech enhancement system. A Correlation Metric was used in selecting the form of processing within each sub-band. scheme.
The results show that the MMSBA scheme can deliver a statistically significant improvement in both speech intelligibility and perceived quality when compared with the wide-band processed and the noisy unprocessed cases. The improvement is at a practically useful level and is positively correlated with related improvements in quality score. In no case did SBP result in a deterioration of intelligibility score or MOS. The results obtained using speech recognisers did not demonstrate any significant effect due to processing in sub-bands.
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